AEE ARATUS AND MET HOD FOR IMPROVED 
PC AUDIO QUALITY " 


Field of the Invention 

The present invention relates generally to digital audio systems. In particular, 
the present invention relates to a digital audio system that improves perceived personal 
computer audio quality using a digital parametric equalizer and automatically providing 
5 default parameter values based upon the type of speaker included in the personal 
computer. 

Background of the Invention 

Most personal computers currently available include simple audio systems to 
10 allow users to play music and to provide sound effects for games. These audio systems 
typically provide poor quality sound, primarily because of the quality of the speakers 
included in them. 

Many stand-alone high fidelity audio systems include a parametric equalizer to 
allow listeners to compensate for, or alter, the perceived sound quality of their 
15 speakers. However, most personal computers do not include parametric equalizers. 
Even given a personal computer audio system including a parametric equalizer, many 
users may not be able to improve perceived sound quality because they either do not 
care to use the equalizer or are unable to determine appropriate equalizer settings. 
Thus, a need exists for a personal computer audio system that would 
20 automatically improve the perceived sound quality of the speakers without requiring 
user input, while still accommodating user input. Such a personal audio system should 
be inexpensive and require no replacement of existing personal computer speakers. 

A second-order digital all-pass filter implementation of a parametric audio 
equalizer is described in: Massie, An Engineering Study of the Four-Multiply 
25 Normalized Ladder Filter , Journal of Audio Engineering Society, vol. 7/8, July/ August 
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1993. The transfer function of Massie's four-multiply normalized ladder filter is given 
by Relationship 1 . 

(1) F(z) = [1 + A(z)]/2 + G[l- A(z)]/2 

5 where: 

G is the cut/boot parameter; and 

and A(z) is described by Relationship 2. 

(2) A(z) = (z 2 + k^l+k^z 1 +k 2 )/(l +^(1+^) z 1 +k 2 z 2 ) 

10 

where: 

k x is the equalizer's first tuning coefficient; 

k 2 is the equalizer's second tuning coefficient; and 

z' 1 represents a unit delay. 

15 

The values of the first and second tuning coefficients can be calculated given 
values for the equalizer parameters: center frequency and bandwidth. 

(3) k^-cos^TiF./FJ 

20 (4) k 2 = (l-tan(7TF c /(F s Q)))/(l+tan(7TF c /(F s Q) 

where: 

F c is center frequency; 
F s is sampling frequency; and 
25 Q is a quality factor given by F c /Bandwidth. 

Figure 1 is a signal flow diagram for a four-multiply normalized ladder filter for 
implementing the parametric equalizer transfer function of Relationship 1 . This 
implementation introduces two filter coefficients, c x and c 2 , whose values are defined by 
30 Relationships 5 and 6. 

(SK-VO-k, 2 ) 

(6)c 2 = V(l-k 2 2 ) 
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Figure 1 also indicates the values at various internal nodes, w 1? w 2 , w 3 , w 4 and 
w 5 within the ladder filter. 

Given the signal flow diagram of Figure 1 and a digital signal processor(DSP), 
5 software instructions to implement the four-multiply ladder filter can readily be 
generated by one of ordinary skill in the art. Massie discloses one set of possible 
instructions to do so in his paper. 

Figure 2 illustrates the cut and boost spectrums of an implementation of 
Massie' s four-multiply ladder filter. Note that the cut and boost spectrums are not 
10 symmetrical; nor are the cut and boost bandwidths identical. The cut bandwidth is 
approximately 1500 Hz as compared to the boost bandwidth of 2000 Hz. This 
unexpected spectrum asymmetry during cut and boost is undesirable for audio 
applications. One reason this asymmetry is undesirable is because it limits the ability of 
the ladder filter to filter out undesired frequencies, like the higher order harmonics 
1 5 generated by AC power supplies. 

Thus, it would be highly desirable to provide a digital audio system with 
improved audio quality. In particular, it would be highly desirable to provide a digital 
parametric equalizer with substantially symmetrical cut and boost spectrums. 

20 Summary of the Invention 

A computer readable memory of the present invention enables a computer 
including a speaker to improve the perceived audio quality of that speaker. The 
computer readable memory stores a first, second and third set of instructions. The first 
set of instructions causes the computer to determine the speaker type. The second set 

25 of instructions causes the computer to select a set of default filter coefficients for a 
digital filter based upon the speaker type. Finally, the third set of instructions causes 
the computer to realize a parametric equalizer using a digital filter and the set of default 
filter coefficients. The digital filter alters the audio signal input to the speaker, thus 
improving the perceived quality of the speaker. 

30 In another embodiment of the present invention, the computer readable memory 

also stores a fourth and fifth set of instructions. The fourth set of instructions enables 
the computer to receive user specified equalizer parameters for the parametric 
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equalizer, while the fifth set of instructions enables the computer to calculate from the 
user specified equalizer parameters another set of filter coefficients, which replace the 
set of default filter coefficients. 

Other objects, features, and advantages of the present invention will be apparent 
5 from the accompanying drawings and detailed description that 
follows. 


Brief Description of the Drawings 

The present invention is illustrated by way of example and not by way of 
10 limitation in the figures of the accompanying drawings. In the accompanying 
drawings similar references indicate similar elements. 

Figure 1 is a signal flow diagram for a prior art four-multiply normalized ladder 

filter. 

Figure 2 illustrates the cut and boost spectrum of the prior art four-multiply 
1 5 normalized ladder filter. 

Figure 3 illustrates the computer system in which the present invention 
operates. 

Figure 4 illustrates the inter-relationship of the software modules of the present 
invention. 

20 Figure 5 illustrates the digital parametric equalizer of the present invention. 

Figure 6 illustrates in flow diagram form the instructions of the Equalizer 
Activator module. 

Figure 7 illustrates the instructions of the Equalizer Interface module. 

Figure 8 illustrates one possible implementation of an equalizer user interface. 
25 Figure 9 illustrates the instructions of the Insure Sound Quality module. 

Figure 10 illustrates the instructions of the AudioCard Interface module. 

Figure 1 1 illustrates the cut and boost spectrum of an instance of the improved 
four-multiply normalized ladder filter. 

Figure 12 illustrates the instructions for insuring symmetrical cut and boost 
30 spectrums in accordance with the improved four-multiply normalized ladder filter. 


Detailed Description of the Invention 
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Figure 3 illustrates in block diagram form computer system 20, which includes 
audio system 22 for improving the sound quality of speaker 24. Audio system 22 
includes the digital parametric equalizer 23 of the present invention. According to the 
present invention, Equalizer Activator 30 selects default equalizer parameters based 
5 upon whetherjarjriot speaker 24 is a Universal System Bus (USB) speaker, and if so, 
the USB speaker type. Equalizer Activator 30 will be described in greater detail with 
respect to Figure 6. Equalizer Interface 32 of the present invention enables users of 
computer system 20 to modify the default equalizer parameters, while insuring a 
minimum threshold of sound quality and providing improved sound quality in most 

10 instances. Equalizer Interface 32 will be described in greater detail with respect to 
Figures 7-10. Using the equalizer parameters, Audio System 22 implements a 
parametric equalizer 23, thereby modifying audio data prior to input to speaker 24 and 
improving its perceived audio quality. The parametric equalizer 23 and Filter 29 will be 
described in greater detail with respect to Figures 5 and 11-12. 

15 Prior to a more detailed discussion of the parametric equalizer 23, first consider 

Figure 3 and the context in which the present invention operates. Computer system 20 
includes Central Processing Unit (CPU) 40 that communicates with a set of 
input/output devices 42 over system bus 44. System bus 44 may be a Universal System 
Bus (USB). Input/output devices 42 include a keyboard, mouse, video monitor, 

20 printer, etc (not illustrated). CPU 40 controls and coordinates the operations of 
computer system 20 by executing instructions stored in machine readable form in 
memory 46. Those instructions include Equalizer Activator 30, Equalizer Interface 32, 
AudioCard Interface 34, and Operating System (OS) 47. The interactions between 
CPUs 40, input/output devices 42, system buses 44, and memories 46 are known in the 

25 art. 


A. Overview of the Audio System and the Digital Parametric Equalizer 

Still referring to Figure 3, speaker 24 enables computer system^Ojo^play-mttsnr 
CDS and to provide game sound effects. ^Tliei^-aTe^Tiumber of commercially available 
speakers for personal com^ytersTTncluding, for example, the LCS-150 produced by 
LABTAC of Yairctfuver, Washington, and the SB-881 A produced by Pontech of 
Tai>#arr^Alternatively, speaker 24 may be a USB speaker, able to identify its type to 
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system 20. (In which case, bus 44 will be a USB.) Each commercially available speal$j&r 
has a different frequency response; however, none of them produces the^ouTTcfquality 
most consumers have come to expect. Audio system 22 imjy^vgsthe perceived sound 
quality of speaker 24 by implementing the digit^p^fametric equalizer 23 of the present 
invention. Audio system 22 doeg^se^dsing Equalizer Activator 30, Equalizer Interface 
32, AudioCard Interf^ce^z and AudioCard 28. AudioCard 28 may be realized using 
any commgreigfly available personal computer audio card, including for example, the 
QXf^08 AC'97 Audio Codec produced by Oak Technology of Sunnyvale, California. 

Figure 4 illustrates the interaction between Equalizer Activator 30, Equalizer 
Interface 32, AudioCard Interface 34 and Filter 29 of Audio Card 28 and their order of 
execution. The text on the left hand side of Figure 4 briefly describes the function of 
each module, while the text on the right hand side of Figure 4 identifies which device, 
AudioCard 28 or CPU 40, executes each module 30, 32, 34 and 29. During step 30' 
Equalizer Activator 30 determines the default parameter values for digital parametric 
equalizer 23 based upon whether or not speaker 24 is a USB speaker, and if so its type. 
During step 32* Equalizer Interface 32 presents an equalizer user interface to the 
computer user and monitors it for user specified equalizer parameters. AudioCard 
Interface 34 takes the equalizer parameter values and determines filter coefficients for 
the digital parametric equalizer 23 and couples them to AudioCard 28 during step 34 f . 

During step 23' AudioCard 28 takes the information from AudioCard Interface 
34 and instantiates as many instances of Filter 29 as necessary to realize digital 
parametric equalizer 23. Digital parametric equalizer 23 filters left and right channel 
audio data prior to its input to speaker 24, thereby improving the sound quality of 
computer system 20. In the embodiment illustrated in Figure 5, digital parametric 
equalizer 23 includes three serially coupled bands, bandl 50, band2 52 and band3 54. 
(Digital parametric equalizer 23 can easily be modified to include a greater or lesser 
number of bands consistent with the present invention.) Each equalizer band 50, 52, 
and 54 includes two identical filters 29, one for each channel of audio data. In other 
words, the filters 29 of a band share the same values for equalizer parameters: center 
frequency, F c ; bandwidth, Q; and cut/boost, G. The default values for these equalizer 
parameters are set by Equalizer Activator 30, while Equalizer Interface 32 allows user 
specification of the values of equalizer parameters. 
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Preferably, Filter 29 is realized as a normalized four-multiply ladder filter, 
although other filter types may be used to realize digital parametric equalizer 23 
consistent with the present invention. An improved normalized four-multiply ladder 
filter that can be used to realize digital parametric equalizer 23 will be described in 
5 greater detail below. 

B. The Equalizer Activator 

Figure 6 illustrates, in flow diagram form, the steps, or instructions, of 
Equalizer Activator 30, which may be realized in any computer language, including 

10 C++. Briefly described, Equalizer Activator 30 selects default equalizer parameter 
values and activates the parametric equalizer user interface. 

Equalizer Activator 30 begins in step 62 of Figure 6 by determining whether 
speaker 24 is a USB speaker. Essentially, this is a determination of whether bus 44 is a 
USB. If so, speaker 24 will respond to a query by identifying its USB speaker type. 

15 Equalizer Activator 30 uses the USB speaker type during step 64 to select default 
equalizer parameters 35 stored in memory 46. In one embodiment of the present 
invention, a different set of default equalizer parameter values is stored for each type of 
commercially available USB speaker. The default values chosen for each USB speaker 
depend upon the actual frequency response of the speaker and the desired frequency 

20 response - that is to say, the default equalizer parameter values are largely a design 
choice. For example, one possible set of default equalizer parameter values is: Bandl: 
F c =80Hz, Q= 0.8, G= +15dB; Band2: F c = 4 KHz, Q= 0.3, G= -3dB; and Band3: F c = 
16KHz, Q=5, G=+6dB. 

Discovery that speaker 24 is not a USB speaker forces Equalizer Activator 30 

25 to advance to step 66. Unable to determine the type of speaker 24, Equalizer Activator 
30 selects a set of default equalizer parameter values, which will be used for all non- 
USB speakers. This set of default equalizer parameter values may be equal to, or 
different from, a set of default equalizer parameter values associated with a USB 
speaker. Alternatively, even though computer system 20 is unable to automatically 

30 identify the type of non-USB speakers, sets of default equalizer parameter values for 
such speakers may be stored in memory 46 and presented to the computer user at a 
later point, permitting the user to manually select the appropriate set of default 
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equalizer parameter values. Possible default equalizer parameter values for some 
commercially available non-USB speakers are: 

LABTAC LCS-150 Bandl: (150Hz, 0.9, +12dB); Band2:(4kHz, 2, -3dB); 
5 Band3: (18kHz, 7, 15dB) 

Pontech SB-881A Bandl: (80Hz, 0.7, +15dB); Band2: (4kHz, 2, -3dB); 

Band3: (16kHz, 5, 6dB) 

After selecting appropriate default equalizer parameter values, Equalizer 
10 Activator 30 advances to step 68. There Equalizer Activator 30 enables the user to 
modify the default equalizer parameter values by calling Equalizer Interface 32. 

C. The Equalizer Interface 

Figure 7 illustrates, in flow diagram form, the steps of Equalizer Interface 32. 
15 Briefly described, Equalizer Interface 32 enables users of computer system 20 to 

modify the equalizer parameter values prior to their input to the parametric equalizer 
23. Additionally, Equalizer Interface 32 warns users when the equalizer parameter 
values they have chosen may lead to inferior sound quality. 

Equalizer Interface 32 begins by presenting an equalizer user interface to a* 
20 computer user during step 70. The equalizer user interface allows the compliter user 
to manually modify the equalizer parameters for each band. Figure JMtfustrates one 
possible implementation of the equalizer user interface, graphijz^f user interface 82, 
which resembles a conventional analog equalizer. Othejvimplementations of the 
equalizer user interface are compatible with the present invention and need not be 
25 described in detail herein. Upon its initial presentation, equalizer user interface 

indicates the default equalizer parameter values selected by Equalizer Activator 30. 
After presenting the equalizej>tfser interface, during step 72 Equalizer Interface 32 
monitors the equalizer us^r interface for any indication that the user is manually 
modifying an equalizer parameter. For example, moving a slider bar 84 or selecting an 
30 input windmvi56 both indicate a possible alteration of a band's parameter values. In 
respops€^ Equalizer Interface 26 examines slider bar positions and input windows to 
determine each band's equalizer parameter values. 
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During step 74 Equalizer Interface 32 examines the new equalizer parameter 
values to determine whether they are compatible with the performance capabilities of 
audio system 22. In particular, the module Insure Sound Quality 74 prevents sound 
clipping by accepting only equalizer parameter values that are compatible with the 
5 performance capabilities of audio system 22. Afterward, during step 76 Equalizer 
Interface 32 passes equalizer parameter values to AudioCard Interface 34. 

Figure 9 illustrates an embodiment of the module Insure Sound Quality 74 in 
flow diagram form. Briefly described, Insure Sound Quality 74 prevents clipping by 
monitoring the value of the overall cut/boost of digital parametric equalizer 23 to insure 
10 that this value can be represented by AudioCard 28 without overflowing. 

Insure Sound Quality 74 begins in step 90 by estimating the combined 
cut/boost of two adjacent bands, Bandl 50 and Band 2 52. Insure Sound Quality 74 
does so using Relationship (7) for adjacent bands. 


15 


(7) 


(log 10 G 1+ log 10 G 2 ) - 0.9 


\FcrFc 2 \ 
7 Fc x Fc 2 ^ 

1 fiT + QT, 


*lnlQ 


20 


25 


50 


The precise value, X, that the combined cut/boost of adjacent bands should be 
less than will vary depending upon the personal computer audio card used. A total 
combined cut/boost for adjacent bands of 0.75, or less, is preferred when AudioCard 
28 is realized using an Audio Codec with only three of sixteen bits available for 
equalization, such as Oak Technogy's' OTI 608. A higher value of X is possible when 
an audio card with 24 or more bits is used to realize AudioCard 28. Subsequently, 
during step 92 Insure Sound Quality 74 estimates whether the combined cut/boost of 
the other two adjacent bands, Band2 52 and Band3 54, is acceptable. This is also done 
using Relationship 7. 

During step 94 Insure Sound Quality 74 estimates whether the 
gain of the non-adjacent bands, Bandi30-and-BOTidT5^7s^ acceptable using 
Relatic 
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(8) 


(log 10 G 1+ log 10 G 3 ) - 1.1 


\Fc r Fc 3 


1 Fc x Fc^ 



15 


20 


25 


30 


As with the relationship for adjacent bands, the precise value, Y, that the^ 
combined cut/boost of non-adjacent bands should be less than will^yarjrdepending upon 
the personal computer audio card used. A total corpbirredcut/boost for adjacent bands 
of 0.75, or less, is preferred when usyag-^rSixteen bit Audio Codec, such as the OTI 
608, to realize AudioC^td^STAs discussed previously with respect to X, higher values 
of Y are jxjssifele when realizing AudioCard 28 with a twenty-four bit or more Audio 
lee. 

If Insure Sound Quality 74 determines that the combined gains of any of the 
bands is not acceptable, then during step 74 the user is informed via the equalizer user 
interface that the cut/boost of the relevant bands should be reduced to improve sound 
quality. 


V 


The AudioCard Interface 

Figure 10 illustrates, in flow diagram form, the instructions of AudioCard 
Interface 34. Briefly described, AudioCard Interface 34 takes the equalizer parameter 
values and produces tuning coefficients and filter coefficients for each band 50, 52, and 
54 of digital parametric equalizer 23. 

AudioCard Interface 34 begins in step 100 by determining whether the equalizer 
parameter values provided by Equalizer Interface 32 are default values. This may be 
done by comparing the values received from Equalizer Interface with those in memory 
46. If the current equalizer parameter values are the default values, then AudioCard 
Interface 34 produces filter coefficient values simply by retrieving them from memory 
46. 

On the other hand, if AudioCard Interface 34 determines that the current 
equalizer parameter values are not default values, then during step 104 AudioCard 
Interface 34 calculates filter coefficient values for each band 50, 52 and 54 using the 
current equalizer parameter values. The precise filter coefficients to be calculated 
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depend upon the particular implementation chosen for Filter 29. Calculating filter 
coefficients for one implementation of Filter 29 will be discussed in detail below. 

Having calculated the necessary filter variable values, AudioCard Interface 34 
advances to step 106. During step 106 AudioCard Interface 34 provides to 
5 AudioCard 28 the filter coefficient values just calculated. 

E. The Improved Ladder Filter 

Referring once more to Figure 5, Filter 29 of digital parametric equalizer 23^ 
may be realized using the improved four-multiply normalized ladder filter of tja^present 
10 invention. The improved normalized four-multiply ladder filter produce^s^mmetrical 
cut and boost spectrums. As a result, the performance of equaliz^23 more closely 
approximates that of ideal equalizers, enabling frequencies te^oe cut as deeply as they 
are boosted. This improved filter is similar, but not ictemical, to the prior four-multiply 
normalized ladder filter discussed above. Specifically, filter 29 uses the signal flow 
15 diagram of Figure 1, the transfer function oflCelationship 1, the first turning coefficient 
of Relationship 3, the first filter coefficient of Relationship 5 and the second filter 
coefficient of Relationship 6. Despite these similarities between filter 30 and the prior 
art filter, each equalizer bancLSt), 52 and 54 produces an output signal with symmetrical 
cut and boost spectrums VThis performance gain arises from the present invention's 
20 understanding and us^of the second tuning coefficient, k 2 . Analysis revealed that the 
second tuning coefficient, k 2 , caused the asymmetry between cut and boost spectrums 
produced by m?for art devices. Further analysis revealed that a filter's cut and boost 
spectrums ^jrould be made symmetrical using one Relationship for k 2 while boosting and 
using another Relationship for k 2 while cutting. These conditions are described by 
25 Relationships 9 and 10. 

(9) k 2 = (14an(7iF^(F B Q))y(man(irF ( /(F B Q) for G * 1 

(10) k 2 = (G-tan(7iF c /(F s Q)))/(G+tan(7rF c /(F s Q) for 0<G < 1 

30 Note that Boost Relationship 9 is identical to the prior Relationship 4; however, 

unlike Relationships 4 and 9, Cut Relationship 10 includes as a variable the cut/boost 
parameter, G. 
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Implementing parametric audio equalizer 23 and filter 29 using a DSP chip, the 
relationships set forth above and the signal flow diagram of Figure 1 will be clear to 
one of ordinary skill in the art. 

Figure 1 1 illustrates the frequency response of a filter implemented using 
5 Relationships 9 and 10 for k 2 . Note the symmetry between boost spectrum 1 10 and cut 
spectrum 112, especially as compared to the cut and boost spectrums of Figure 2. 
Note also that in Figure 1 1 the boost bandwidth is equal to the cut bandwidth. Thus, 
the improved digital parametric equalizer of the present invention more closely 
approximates ideal equalizer performance and can more deeply notch out undesired 
10 frequencies than prior digital parametric equalizers. 

Figure 12 illustrates in flow diagram form instructions 105 that may be added to 
step 104 of AudioCard Interface 34 to implement the improved ladder filter. 
Instructions 105 are stored within, and executed by, AudioCard 28. Briefly described, 
Instructions 105 calculate the second tuning coefficient value, k 2 for a band in a manner 
15 that insures symmetry of the band's cut and boost spectrum. 

During step 120, for the selected band, Instructions 105 first examine the valye. 
of the cut/boost parameter to determine whether that band is to cut or boost-itSmput 
signal. If the value of the cut/boost parameter is equal to one oj^grSater, the band will 
be boosting, then Instructions 105 use a Boost RelatipwSfTip to calculate the second 
tuning coefficient, k 2 . The Boost Relation^htfTused during step 122 is Relationship 7, 
set forth above. On the other h^ndfTf the value of the band's cut/boost parameter is 
less than one, then dijrifT|fstep 124 Instructions 105 use a Cut Relationship to calculate 
the value o£*h£second tuning coefficient, k 2 . The Cut Relationship used during step 
^^Relationship 8, also set forth above. 

25 

F. Conclusion 

Thus, a computer readable memory has been described that enables a computer 
including a speaker to improve the perceived audio quality of that speaker. A first set 
of instructions causes the computer to determine whether or not the speaker is a USB 
30 speaker, and if so, the speaker's type. The second set of instructions causes the 

computer to select a set of default filter coefficients for a digital filter based upon the 
type of the speaker. Finally, the third set of instructions causes the computer to realize 
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a parametric equalizer using a digital filter and the set of default filter coefficients. The 
digital filter produces an output signal to be input to the speaker, thus improving the 
perceived quality of the speaker. 

In the foregoing specification, the invention has been described with reference 
5 to specific exemplary embodiments thereof. It will, however, be evident that various 
modifications and changes may be made thereto without departing from the broader 
spirit and scope of the invention as set forth in the appended claims. Accordingly, the 
specification and drawings are to be regarded in an illustrative rather than a restrictive 
sense. 

10 
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